Abstract-This paper proposes a medium access control protocol for integrated voice and data services in slotted CDMA systems. The proposed protocol, which is named as RCSSMA (Reservation Code and Status Sensing Multiple Access), adopts a code reservation and status sensing schemes. RCSSMA protocol gives higher access priority to the voice traffic than data traffic for reducing the packet dropping probability. The voice terminal reserves an available spreading code to transmit voice packets during a talkspurt, whereas the data terminal transmits a packet over one of the available spreading codes that are not reserved by the voice terminals. In this protocol, the voice packets never contend with the data packets. Packet dropping probability and average data packet transmission delay are analyzed using a Markov chain model.
I. INTRODUCTION
In wireless communication networks, many researches were carried out on code division multiple access (CDMA). CDMA systems offer the potential of high spectrum efficiency, soft capacity, multipath-resistance, and inherent frequency diversity [1] [2] [3] . Among many issues related to wireless communication network, medium access control (MAC) protocol that coordinates the multiple access of shared medium is one of the most important issues. MAC protocol might be enough efficient and robust to support the integrated voice and data service and to meet the quality of service requirements for both services. Therefore, the purpose of this paper is to propose an MAC protocol for integrated voice and data local wireless CDMA systems, called reservation code and status sensing multiple access (RCSSMA).
For integrated voice and data services, packet-switched network architecture seems to be the general choice. In conventional packet radio network based on TDMA system, there are several types of MAC protocols such as packet reservation multiple access (PRMA), statussensing multiple access (S 2 MA), and etc [4] [5] [6] . Basically, voice packets are transmitted periodically by reserving a slot in frame, whereas data packets are transmitted with slotted ALOHA scheme.
In [8] , Tan et al. proposed reservation-code multiple access (RCMA) protocol, which apply a reservation random-access (RRA) protocol to spread spectrum multiple access systems. RRA protocols are special cases of random access protocols and have been developed for TDMA packet radio networks [6] . RCMA protocol can simplify code tracking hardware of the base station by allowing all terminals to share a group of spreading codes on a contention basis. Voice terminals, however, have to contend with data terminals for reserving a spreading code. This is a main cause of increasing voice dropping, especially when the voice traffic is dominant. Soroushnejad et al. proposed multiple access strategy for voice and data integrated CDMA packet radio network [7] . In this protocol, mobile terminals have to be assigned a unique spreading code at the system deployment stage. This transmitter-oriented code assignment has an advantage of no packet collision. However, the required number of spreading codes increases with the growing population of users, so code tracking and synchronization systems of the base station become complex.
The RCSSMA protocol results from applying a reservation random-access (RRA) and a status-sensing multiple access (S 2 MA) to slotted CDMA systems with a small coverage area. This protocol assumes that the uplink channels are composed of the time slots and spreading codes based on the wideband time-division and codedivision multiple accesses [9] . The time axis of uplink channel is divided into slots that are grouped into frames; a time slot has a group of spreading codes shared by all users.
This paper is organized as follows. The detailed descriptions of proposed protocol are described in Section II. In Section III, we analyze the performances of proposed protocol with a Markov chain mode. The numerical results are investigated in Section IV, and finally Section V concludes this paper.
II. RCSSMA PROTOCOL
A. Slot and frame structure of uplink Fig.1 shows an example of the uplink frame format. A frame consists of k 0 time slots. For each slot, there are m shared spreading codes {C i , i=1, ..., m} that are orthogonal to each other. Therefore, the total number of available channels in an uplink frame is m*k 0 .
Reservation and Status Sensing Multiple Access
Protocol in Slotted CDMA Systems Voice and data terminals share a group of spreading codes to transmit a packet to the base station. Each code can be identified as "reserved" or "available" based on the feedback information from the base station at the end of each slot. A reserved code is exclusively assigned to the voice terminal until a talkspurt ends. An available code can be used by either voice terminals that want to reserve a code or data terminals that have data packets to transmit. A packet generated by voice or data terminal can be transmitted during one slot with one spreading code. The uplink packet structure is illustrated in Fig.2 . The user information will be encapsulated into a packet with additional overheads. The preamble is used for a spreading code acquisition by the base station. The datafield is composed of a TOP (Type of Packet), a header, and an information subfield. The TOP subfield is used to classify the packet type (i.e., voice, data, or reservationrequest packet). The header subfield contains terminal identifier, packet sequence number, etc. The reservationrequest packet also contains voice information. 
B. Voice subsystem operation
Before describing the operation of voice subsystem, it is necessary to describe voice traffic model. For the voice terminal with a slow speech activity detector (SAD), its voice source can be characterized by a two-state model, as shown in Fig.3 . For describing the voice traffic model, the following four parameters are required. These are the mean duration of a silence t 1 , the mean duration of a talkspurt t 2 , the transition probability from the silence state to the talking state α v , and the inverse transition probability γ v . The talkspurt and silence is assumed to have exponentially distributed duration, which is statistically independent of one another.
Thus, the parameters α v and γ v are represented as [6] 
where τ is the duration of a slot. During a talkspurt, voice terminal generates voice packets with the period identical to the frame duration. Therefore, to transmit voice packet, the terminal needs to be guaranteed one channel (in this system, a spreading code in a slot) per frame.
When beginning a new talkspurt, the terminal enters into the reservation-contending state and tries to reserve a channel. The terminal in the reservation-contending state selects randomly an available spreading code in the next slot and transmits a reservation-request packet with the transmission permission probability β. If the base station captures the preamble field of the reservation-request packet, it immediately broadcasts an acknowledgement. The acknowledgement contains the spreading code information of current slot. If two or more voice terminals transmit the reservation-request packet with the same channel, a packet collision occurs. In this case, the base station cannot capture the preamble field and thus does not send an acknowledgement.
If the voice terminal receives an acknowledgement, it enters into the reservation state. The terminal in the reservation state transmits voice packets over the reserved channel of the subsequent frames until it ends a talkspurt. If the terminal decides not to transmit the reservation-request packet (with probability 1-β), or if it fails to reserve even in the case of transmission permission (for instance, by a collision or by a wireless channel error), it tries to reserve a spreading code in the next slot. If the voice terminal does not receive an acknowledgement, it does not transmit the remaining field of the reservation-request packet.
After a talkspurt completion, voice terminal does not access the reserved code. If the base station does not detect a packet from a reserved code (i.e., it fails the code acquisition of the reserved code), it regards the code as an available code, which can be used by any terminal in the next frame.
In the voice traffic, the transmission delay of voice packets causes a serious problem in the quality of service. If the terminal cannot transmit voice packets until any given speech delay constraint (W max slots), these packets must be dropped. In this paper, the packet dropping probability (P drop ) is considered as the performance measure of voice traffic.
C. Data subsystem operation
In RCSSMA protocol, the operation of data subsystem is similar to the slotted CDMA_ALOHA scheme [10] . The data subsystem does not use the reservation scheme but the spreading code status-sensing scheme. When a data terminal in the idle state generates a packet, it then enters into the contending state. The data terminal in the contending state selects a spreading code in the current slot, which was not already reserved by a voice terminal in the reservation state and is not currently reserved by a voice terminal in the reservation-contending state. The base station broadcasts the code reserving status of current slot after correlating the preamble field. The transmission of data packet, therefore, delays until the preamble field of the reservation-request packet. After receiving the code status information of the current slot from the base station, a data terminal transmits a packet with the transmission permission probability β. If the base station successfully captures a data packet, it also broadcasts an acknowledgement for the packet.
If the terminal receives an acknowledgement and has packets in its buffer, it remains in the contending state and tries to transmit another packet in the next slot. The terminal that receives an acknowledgement and does not have any packet to transmit goes into the idle state. If the terminal fails to transmit a packet, it remains in the same state and tries to send the same packet in the next slot.
In data service, to guarantee the quality of service, packets must be delivered although they are delayed. Therefore, the average packet delay (D d ) is considered as the performance measure of data traffic.
III. PERFORMANCE ANALYSIS

A. Voice subsystem
The voice terminal is independent on the data terminal because the former has high access priority than the latter. Let N v the number of voice terminals.
At a given slot t, a voice terminal can remain in one of the following state: the silence state, the reservationcontending state, and the reservation state. Therefore, we can define the voice subsystem state {X v ). Let Q v jk,rl be the state transition probability from the state (j,k) in a slot to the state (r,l) in the following slot. This probability, which can be derived from the conditional probabilities that v i terminals in the silence state begin a new talkspurt, v r terminals in the reservation-contending state transmit the reservation-request packet through one of x available codes, and s v packets succeed to reserve a spreading code, is given by
In equation (2) , the term S(s|n,x) is the conditional probability that s packets out of n are successfully transmitted over one of x available codes. The probability S(s|n,x) can be recursively defined as follows [10] ( )
where ζ 1 =1, and ζ j =0 (j≠1). And its initial conditions are given by
The term Φ(x,j,k 0 ,m) in equation (2) is the probability that x spreading codes are available in a slot under the condition of j reserved voice terminals. If j is the number of voice terminals in the reservation state at the beginning of a given slot, then the probability that the codes within that slot are reserved by the voice terminals is determined by the following. Let D(j,k 0 ,m) be the number of ways of distributing j indistinguishable voice terminals into k 0 distinguishable slots under the restriction of m-code occupancy per slot (i.e., at any given slot, at most m terminals can transmit packet). According to [11] , D(j,k 0 ,m) and Φ(x,j,k 0 ,m) are given by 
where j≤mk 0 , 0≤x≤m, k 0 ≥1. Once the transition probability Q v jk,rl is obtained, the steady state probability Π v rl that r voice terminals are in the reservation state and l voice terminals are in the reservation-contending state is derived as [12] The performance measure of voice subsystem in RCSSMA protocol is the voice packet dropping probability. The descriptive mechanisms for the packet dropping are as follows. Let L be the number of packets generated during a talkspurt. In a talkspurt, no packets are dropped if the voice terminal reserves before W max slots. If it fails in reservation during W max slots, the terminal drops the first packet. The second packet is generated exactly k 0 slots after the first packet. Therefore, the terminal drops the second packet if it is still in the reservation-contending state after W max +k 0 slots. If the terminal can not reserve after W max +(L-1)k 0 slots, it drops the entire packets of a talkspurt.
It is assumed that voice terminal generates L packets during a talkspurt. The probability that k packets are dropped in a talkspurt is (7) where f is the probability that a reservation-contending terminal fails to reserve a code and defined as By averaging the equation (7) over L, the mean number of dropped packets in a talkspurt is given by
where Pr{L} is the probability that there are L packets in a talkspurt. The probability Pr{L} is defined as
where L≥1. In equation (10), γ f is the probability that a talkspurt ends in a frame and is represented
where γ v is given in equation (1) . It is defined that the packet dropping probability is the ratio of dropped packets to the total number of generated voice packets. Then the packet dropping probability is
B. Data subsystem
The data terminal attempts to transmit a packet with an available code that is not used by a voice terminal in the reservation-contending state or the reservation state. The state of a data terminal, therefore, is dependent on the state of the voice terminal. In this paper, the data buffer size is assumed to be sufficiently large enough to ignore the data packet blocking caused by the lack of buffer.
Let N d be the number of data terminals in the system. And let the data subsystem state be
t is the number of the contending data terminals. The state transition probability Q d ijk,brl that the system state changes from (i,j,k) in a slot to (b,r,l) in the following slot is given by
In equation (13), α d is the data packet arrival rate in a slot. Once the transition probability of data subsystem is obtained, the steady state probability can be derived as The performance measures of data traffic are the system throughput and the average packet delay. Let the system throughput be the total number of data packets successfully transmitted in a slot. Then the system throughput can be defined as follows
Let the average packet delay be the elapsed time of a data packet from the generation to the successful transmission. Then the average packet delay can be defined as
IV. ANALYSIS RESULTS
The nominal values of parameters in the numerical analysis and simulation are listed in Table 1 . In RCSSMA protocol, frame duration is identical to the packet generation period of voice terminals. With the values of parameters listed in Table 1 , slot duration is 5 msec, and thus a frame consists of 5 slots. A voice packet, which is failed to reserve a channel during 10 slots, will be dropped. Fig.4 and Fig.5 show the voice packet dropping probabilities according to the number of voice terminals when m=3. These figures plotted the results compared with RCMA protocol. Collision of the reservation-request packet occurs more frequently in proportion to N v , and therefore the voice packet dropping also increases. Assuming P drop ≤0.01, when the transmission permission probability β is 0.1, RCMA protocol can accommodate only 22 voice terminals because the reservation-request packet has to contend with data packets. But in the RCSSMA protocol, the reservation-request packets never contend with data packets. P drop in the proposed protocol, therefore, can accommodate about 43 voice terminals. As increasing β to 0.3, P drop is increased rapidly. This is because the increased contention probability leads to excessive collisions for large β. But as shown in Fig.5 , RCSSMA protocol gives more stable performance than RCMA in spite of largeβ. 5 . Effect of transmission permission probability on packet dropping probability according to N v . Fig.6 shows the effect of the transmission permission probability on the voice packet dropping probability when m=2 and m=3, respectively. The increase of β up to a threshold value leads to the frequent reservation failure, and therefore P drop increases rapidly. From Fig.6 , the threshold values of β are 0.4 and 0.8 for the number of spreading codes m=2 and 3, respectively. Fig.7 shows the relation between the total number of channels and the P drop . The more the number of spreading codes is, the more the total number of channels is. Also as the number of slot increases, so the total number of channels does. Therefore P drop decreases for the large number of spreading codes and slots. By reducing the voice-coding rate, the number of slots in the uplink frame can be increased. . Packet dropping probability P drop vs. N v according to number of slots in the uplink frame k 0 . Fig.8 shows the average data packet delay according to the number of spreading codes when β=0.1. If the number of spreading codes is small, almost all of the codes are reserved by the voice terminals because of its low access priority. Therefore, it leads the data packets to the excessive collision. However, as shown in these figures, the average delay is significantly improved by increasing the number of spreading codes. 9 illustrates the effects of the transmission permission probability on the average packet delay. As shown in Fig.9 , when m is small (i.e., m=2), the increase of β up to a certain threshold value (approximately 0.3) causes the average delay to decrease continuously. However, the average data packet delay increases rapidly by increasing the transmission permission probability above the threshold. This is because at a given packet generation rate, the collision of data packets occurs frequently as data terminals try to transmit a packet with high probability. As shown in Fig.9 , these effects do not occur when the number of spreading codes is large. 
V. CONCLUSIONS
In this paper, RCSSMA protocol has been proposed as a medium access control protocol for slotted CDMA systems supporting integrated voice and data services. The RCSSMA protocol allows all voice and data terminals to share a group of spreading codes on a reservation and a contention basis. This protocol accommodates the advantages of the reservation scheme for the voice traffic, the simplicity of random access scheme for the data traffic, and the multiple access capability of CDMA.
Markov chain analysis is used to evaluate the system behavior, leading to expressions for the voice packet dropping probability and the average data packet delay. The numerical analysis results have shown that the voice packet dropping probability and the average data packet delay are strongly dependent on the number of spreading codes. Increasing the number of spreading codes helps to raise the voice system capacity and improve the average data packet delay.
